ABSTRACT In this work, an estimation algorithm based on the compressive sensing (CS) technique is proposed for an orthogonal frequency division multiplexing (OFDM) system applied to multi-path timevarying channels. A fitting polynomial is used to approximate each channel path, and full-band training symbols are adopted. The variation of the channel response can then be evaluated according to the observation on the inter-carrier interference (ICI) from the determinate signals. The CS-based technique is introduced to explore the sparsity of the double-selective channel and the usage of high-order fitting polynomials is allowed. The orthogonal matching pursuit (OMP) algorithm is designed to cooperate with the fitting polynomial model, and more accurate channel estimation results can be provided compared to those provided by conventional least-square (LS) algorithms. When multiple transmission antennas are required, the advantage of the proposed polynomial-fitting OMP (PF-OMP) algorithm is more obvious as more transmission antennas are used.
I. INTRODUCTION
Because of its high spectral efficiency and robustness against multi-path frequency-selective channel [1] , orthogonal frequency division multiplexing (OFDM) is widely used in many communication systems. However, OFDM systems are vulnerable in time-varying environments, especially when the channel response changes within the duration of a single OFDM symbol. The orthogonality between subcarriers can be destroyed and inter-carrier interference (ICI) is introduced. Before removing the ICI effect, the channel responses in double-selective environments, i.e., the multi-path time-varying channels, must be accurately estimated. Recently, estimation schemes for double-selective channels [2] have been extensively studied [3] - [6] in high mobility wireless communication environments.
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In [3] , a maximum-a-posteriori (MAP) based technique was proposed for the joint estimation of the double selective channel and carrier frequency offset. This can provide a better performance compared to the conventional recursive-leastsquare (RLS) and maximum-likelihood (ML) based techniques. Other approaches include the autoregressive model proposed in [4] , where an extended Kalman filter (EKF) is adopted and the QR decomposition is applied to the channel matrix in order to eliminate the ICI. A soft-input soft-output (SISO) decoder for error-correcting code was embedded in [5] , and turbo processing is introduced for the combination of the MAP detection and the SISO decoder. In [6] , the expectation maximization (EM) based channel estimation was proposed, which can provide almost the same performance compared to that of the MAP estimator with a lower complexity.
In this work, each path for the time-domain variation of the double-selective channel is approximated using a polynomial.
The channel response can be fitted after the coefficients of the polynomials are estimated. Conventional least-square (LS) algorithms can be applied to evaluate the polynomial coefficients. However, when the required order of the polynomials increases for a faster time-varying channel, and more coefficients are awaiting to be identified, the conventional LS algorithms cannot provide a satisfactory estimation results. Fortunately, the channel responses in the real world are usually dominated by a few high-gain paths, and about 95% of the energy is concentrated in these dominant paths [8] , and it is the inherent sparsity of the double selective channels [2] , [9] . This implies that the estimation can be focused on these dominant paths and a more accurate approximation can be provided.
The compressed-sensing (CS) [10] techniques is suitable for exploring the sparsity, and many CS-based channel estimation techniques have been proposed [11] , [12] . In [11] , the channel response is fixed in the duration of a single OFDM symbol. A general ideal for channel estimation based on compressed sensing, including spread sequence and OFDM systems, are provided in [12] . The orthogonal matching pursuit (OMP) algorithm is one of the most popular CS techniques for sparse signal recovery because of its simplicity [13] - [19] . The arrangement of the pilot signals plays a crucial role in the designs of these channel estimation algorithms. In order to observe the ICI introduced due the channel variation during a single OFDM symbol, the pilot tones are grouped, and multiple groups are allocated in each OFDM symbol. For the modified-OMP algorithm proposed in [13] , the pilot tones are randomly grouped, and the optimization for the pilot signals is discussed in [14] - [16] . In [17] , 2P-1 tones are grouped. The value assigned to the middle tone is optimized, and the right-neighboring and left-neighboring P-1 tones are set to zero. In [18] , the P-1 zeros are replaced by auxiliary pilots, and these auxiliary pilots can be used to mitigate the interference after precoding. In [19] , the middle P tones are assigned to non-zero values, and the reset P-1 tones are retained as zero values. As the data tones and the pilot tones co-exist in a single OFDM symbol, the ICI introduced from the data tones can degrade the estimation results. Zero tones are inserted between the data tones and the pilot tones in order to mitigate the interference [17] , [19] , and they are also used for the observation of the ICI from the pilot tones. However, the interference from both the pilot and the data signals are mixed in these zero-padding tones, the noise is also involved. Based on the previous concerns, the grouped pilot tones inserted between the data tones may be not ideal for time-varying channel estimation, and a full-band training symbol is used in this work, which can also be regarded as a special case of grouped pilot symbols.
Without the interference from the data carriers, the ICI in the full-band training symbol forms a predictable pattern and it can then be used for time-varying channel estimation. In addition, rather than using a randomly constructed measurement matrix as with the conventional CS techniques, a structured measurement matrix is adopted in the proposed OMP algorithm, which consists of the prediction for the ICI patterns that are derived from the cooperation of the full-band training symbols and the polynomial-approaching time-varying channel model.
Using the proposed polynomial-fitting OMP (PF-OMP) algorithm, the parameters for each channel path, i.e., the coefficients of the different orders of the fitting polynomial, can be more precisely evaluated, and more accurate estimation results compared to those from the LS algorithms are provided. The PF-OMP algorithm can be directly applied to a multiple-input single-output (MISO) channel where more transmission antennas are used. Since the sparsity in the MISO channels is more obvious, the advantage of the PF-OMP algorithm is more significant.
The remainder of this paper is organized as follows. Section II presents the model for the OFDM system in the time-varying environment. Section III shows the proposed channel estimation method, including the design of the training symbol and the method of adapting the OMP scheme for the OFDM channel estimation. The numerical results are shown in Section IV, before we finally conclude our work in Section V.
II. OFDM SYSTEMS IN TIME-VARYING CHANNELS
An OFDM system with N subcarriers and N t transmission antennas is considered in this work. The transmitted signals are modulated using the inverse fast Fourier transform (IFFT), the n-th sample in the m-th OFDM symbol transmitted from the t-th antenna can be expressed as
where
is the signal transmitted using the i-th subcarrier, and N CP is the length of the appended cyclic-prefix (CP). Since
. By ignoring the repeated samples in CP, the transmitted signals after IFFT can be represented as a vector
For the wireless time-varying channel between the t-th transmission antenna and the receive antenna, the n-th sample of the l-th path of the channel response can be denoted as g t m (n, l). The subscript m means that the channel is used by the symbol x t m . When disregarding the noise, and suppose that the maximum number of paths of the channel response is L M , the received signal transmitted from the t-th antenna can be VOLUME 7, 2019 represented as
then the received symbol is the summation of total number of N t transmission antennas:
Suppose that N CP ≥ L M , the received symbol can be represented as (5) after removing the CP:
The received AWGN (additive white Gaussian noise noise) is represented as the N -by-1 vector w m . Refer to [20] , the N -by-N matrix G t m is constructed by g t m (n, l) and is shown in (6) , as shown at the bottom of this page.
The frequency-domain representation of the received signal can be denoted as Y m :
where X t m is the transmission signal in frequency domain from the t-th antenna. The N -by-N matrices F and F H correspond to the FFT and IFFT operations, respectively, and W m = Fw m is the noise in frequency domain.
The channel response between the t-th transmission antenna and the receiver can be represented in the frequency domain as H t m = FG t m F H . If the channel response is time invariant in a single OFDM symbol duration, H t m will be a diagonal matrix, and each element of Y can only receive the signal from the corresponding elements of X, which means that the orthogonality can be maintained.
When the channel estimation is applied to H t m , there are only N diagonal values waiting to be estimated in the time-invariant environment. In contrast, when the channel response changes within an OFDM symbol, ICI is introduced, meaning that H t m will no longer be a diagonal matrix. It is difficult to directly estimate total unknown N 2 values in the N -by-N matrix H t m . Fortunately, for the continuously fading channel in the real world, the variation of the time-domain channel response can be approached using polynomials, then the number of unknowns can be significantly reduced. This means that sparsity can be observed in H t m . Moreover, the number of channel paths may be fewer than the length of CP, and only a small number of high-gain paths dominate the channel response, and further increase the sparsity.
The sizes of both the vectors and the matrices used in this work are listed in Table 1 .
III. CHANNEL ESTIMATION USING A FULL-BAND TRAINING SYMBOL AND A PREDETERMINED ICI A. SYSTEM MODEL CONSTRUCTION
For the conventional channel estimation in the time-invariant environment, the pilot tones are usually inserted between the subcarriers that contain the data signals, and the pilots and data signals coexist in the same OFDM symbol. However, when ICI is introduced due to the time-varying channel response, the pilot signals suffer interference from the data signals of the neighboring subcarriers, and the accuracy of the channel estimation is degraded.
In order to prevent the ICI being introduced from the unknown data signals, a full-band training symbol following that presented in [7] , is adopted in this work. For all the transmission antennas, suppose that the m-th symbol X t m is used for training. By inserting two received training symbols interposed by D data symbols, i.e., the m-th and the (m + D+1)-th symbol, the channel response continuously changes during these D + 2 symbols as shown in Fig. 1 . Here we set m = 0 and m = D + 1 as the two training symbols.
Suppose that the maximum number of channel paths is equal to N CP , and each path can be approached using an (7), the p-th subcarrier of the received symbol Y m can be represented as
(8) The ICI patterns introduced from the transmitted symbol X t m after it passes through the channel with an order-q variation is represented as:
After collecting all the signals from the N t transmission antennas, the m-th received symbol can be arranged as
Here
the size of A t m,q is N -by-N CP , and p ∈ {0, 1, · · · N − 1} and l ∈ {0, 1, · · · , CP − 1}. For q = 0,
The C t m is a N CP (Q+1)-by-1 vector that contains coefficients of all polynimials used to approximate the channel response between the N t transmission antennas and the receiver: 
Combing the frequency domain channel response for all N t transmission antennas and the receiver for m = 0 and m = D + 1 symbols results in:
.
Since the channel response where the symbols for m = 0 and m = D + 1 are transmitted must be approximated using the same set of polynomials, then
. . .
and
According to (14) , (15) 
B. CHANNEL ESTIMATION USING THE OMP-BASED CS ALGORITHM
In (18) , there are N t (Q + 1)N CP coefficients awaiting to be estimated in the vector C N t D . Consider two training symbols consisting of a total of 2N pilot tones. For the conventional LS algorithm without knowledge of the sparsity, a reliable solution can only be achieved when N t (Q + 1)N CP ≤ 2N . Since the number of transmission antennas N t and the length of cyclic prefix N CP are fixed, the usage of high-order fitting polynomials may be limited. For instance, when N = 64, N CP = 16, and there are N t = 4 transmission antennas are used, the maximum order for the approaching polynomials that can be used is Q = 1. For a fast fading channel, approaching polynomials with a higher order are desired, so the estimation error increases due to the limitation in the order of the fitting polynomials.
There are usually few high-gain paths in a channel response in the real world. This means that, for the polynomials used to fit the channel response, the majority of the coefficients are near-zero values. Suppose that the channel between the t-th transmission antenna and the receiver has only L dominant The CS technique adopted in this work is based on the OMP algorithm. Referring to the discussion in [21] , when a sparse vector x is observed using the measurement matrix , then the observation result y can be represented as
where w is the noise introduced during the observation. The OMP process contains two major operations in each iteration. The index of a non-zero coefficient is first identified, then the values of the currently collected non-zero coefficients are evaluated. These two operations are iteratively processed until all nonzero element in x are evaluated, and the maximum number of iteration is equal to the number of rows in .
Comparing (19) and (18), the channel estimation process can be regarded as an observation of the channel response using pilot symbols. The vector C N t D contains all the parameters that will be estimated, and is modeled as the sparse vector It is possible to reduce the number of iterations from N t (Q+1)L to N t L. When each delay path of the time-varying channel is approached using a fitting polynomial, the order-0 coefficient for the polynomial is usually much larger than the other higher order coefficients. Since the OMP algorithm is designed to identify the coefficients from the largest one, it can be expected that the order-0 coefficients from all polynomials are identified first with the highest probability. Since the coefficients of different orders for the same polynomial are regularly allocated in the vector C N t D , once the index of the order-0 coefficient is identified, the location of the others can also be immediately indicated. For example, suppose that between the t-th transmission antenna and the receiver, the l-th path of the channel response is dominant, then the order-0 coefficient of the fitting polynomial is located at the (t −1)N CP (Q+1)+l -th position in the vector C N t D . According to (14) , (15) , and (17), the order-1 coefficient is located at the (t − 1)N CP (Q + 1) + N CP + l -th position, the order-2 coefficient is located at the (t − 1)N CP (Q + 1) + 2N CP + l -th position, and so on. This means that when the order-0 coefficient is located at the (t − 1)N CP (Q + 1) + l -th position in the vector C N t D , then the order-q coefficient is located at the (t − 1)N CP (Q + 1) + qN CP + l -th position. Therefore, the indication for the high-order coefficients can be avoided, and the complexity of the proposed algorithm is consequently simplified.
Following the previous idea, the modified OMP process applied to determine the solution for (18) is represented in Algorithm 1, where the measurement matrix can be arranged as
which is constructed by using the sub-matrices selected from H 
In the 5-th step, the correlations between the columns of and the received signal Y D are measured using the elements in b. If the (N CP (Q + 1)t + l-th element of b has the maximum amplitude, i.e., the maximum correlation, then the l-th path of the channel response associated with the t-th antenna is considered as one of the dominant paths. In the 6-th step, is a collection of indices. When the (N CP (Q + 1)t + l-th element in b is indicated, the other Q indices (N CP (Q+1)t +qN CP +l) for q = 1, · · · , Q, in addition to (N CP (Q + 1)t + l, meaning that a total of Q + 1 indices are added to . The operation of the indices selection is denoted as supp (τ (b, Q + 1)). In the 7-th step, (H It is worth noting that the maximum correlation is indicated using the measurement matrix , which corresponds to the order-0 coefficient for the fitting polynomial, and the (Q + 1) coefficients of the indicated channel path are simultaneously present in the 7-th step of Algorithm 1 based on (H (17) . In addtion, the estimation of the coefficients for the channel response using the OMP-based algorithm is initiated from that with the largest amplitude. When the PF-OMP algorithm proposed in our work is applied, and the number of dominating paths are assumed to be L, then it automatically selects the L paths in the channel response where most of the energy is concentrated, and the small coefficients would be ignored. It can be regarded as an additional advantage over the LS-based method. In [24] , a method of indicating FIGURE 2. The MSE performance when the channel estimation algorithms are applied to the OFDM system using a single transmission antenna.
of the most significant taps (MSTs) in the channel response was provided. An optimized threshold is evaluated, and the tap coefficients that are less than the threshold are set to zero, and the noise introduced by the small coefficients can be eliminated. This method is designed for the LS channel estimation scheme, and requires an additional IFFT.
IV. NUMERICAL RESULTS
In this section, the proposed polynomial-fitting CS-based channel estimation method is evaluated, and the simulation results are compared to those of the conventional LS method and of the modified-OMP [13] algorithm. The channel estimation schemes are applied to an OFDM system where N = 64 and N CP = 16. A double-selective channel response is considered in this work, where the delay spread and time-selective distribution refer to the typical urban environment of COST 207 [22] and Rayleigh fading [23] , respectively. The normalized Doppler frequencies (f d T s ) of 0.008, 0.024 and 0.08 are evaluated, where f d is the Doppler frequency and T s is the duration of an OFDM symbol. Fig. 2 shows the mean-square error (MSE) performance when only a single transmission antenna is used. For the modified-OMP of [13] , the size of the grouped pilot tones is set to 5, and a total of four groups are randomly allocated in a single OFDM symbol. For the proposed polynomial-fitting scheme, a second-order polynomial is used to approach the variation of each path, and a single data symbol is inserted between two training symbols, i.e., Q = 2 and D = 1.
Compared to the conventional LS-based channel estimation method, both the modified-OMP and the proposed PF-OMP methods can provide a more accurate estimation result in the low SNR region. This is not surprising since both of the CS-based methods can explore the sparsity of the channel response, and focus on searching for the parameters of L(Q + 1) = 12 when there are only four dominant channel paths. In contrast, the conventional LS-based method must estimate N CP (Q + 1) = 36 parameters. However, both of the two CS-based methods suffer from a saturation in performance, where the MSE will not be lower after the SNR exceeds a certain value. When the variation in the channel becomes more rapid, i.e., f d T s = 0.08, this saturation becomes more significant. The reason for this is that the L dominated channel paths must first be identified in the OMP-based algorithms, but a miss-identification occurs of the delay indices can happens. When the channel response changes rapidly, the miss identification happens more often, and if the incorrect delay index is assigned as a dominant path, a large estimation error will be introduced. The proposed PF-OMP suffers a more significant saturation, since it only indicates the delay indices using the order-0 coefficients for the fitting polynomials. Apart from the saturation in the high SNR region, the proposed PF-OMP shows a significant advantage in MSE performance in most of the considered communication environments. Fig. 3 shows the simulation results when two transmission antennas are used. Since more channel responses need to be estimated when multiple transmission antennas are used, more parameters are required to be evaluated. The advantage of the CS-based algorithm is more significant compared to the conventional LS-based algorithm because of the sparsity. However, the PF-OMP method still suffers from a large estimation error introduced by miss identification in high SNR region. The modified-OMP, it cannot continuously provide a lower MSE, since it has fewer pilot tones, compared to that of the proposed PF-OMP method that is equiped with full-band training symbols, and accurate estimation results can not be provided when more parameters are required for approaching the fast fading channels. The improvement in the MSE when using the proposed PF-OMP method is more significant as the number of transmission antennas increases. Fig. 4 illustrates the simulation results where the number of transmission antennas can be increased to 4. Compared to the case of where fewer transmission antennas are used, as shown in Figs. 2 and 3 , the gaps between the MSE performance of the CS-based and the LS-based methods are enlarged. The reason for this is that the number of paths in the channel response waiting to be evaluated is increased. The LS-based method can only estimate the average power and the linear change in each channel path, i.e., Q = 1, In contrast, the proposed PF-OMP algorithm can still approach the channel response using the second-order polynomials where Q = 2, and can provide an MSE performance similar to that of the modified-OMP. Since the proposed PF-OMP method uses full-band training symbols, it cannot provide more accurate estimation results compared to those of the modified-OMP method that uses only a few grouped pilot tones.
The benefit of using the full-band training symbol is more obvious in Fig. 5 , where the number of dominant channel paths increases to L = 8. Neither the LS-based nor the modified-OMP methods can provide satisfactory estimation results, especially in a fast-fading environment where f d T s = 0.08. Although still suffering from the large estimation error introduced by the misidentification in the high SNR region, the improvement in the MSE is more significant as the number of transmission antennas increases. In Fig. 6 , the number of transmitted data symbols inserted between the two training symbols is increased. Since the modified-OMP method has a fixed number of grouped pilots in each OFDM symbol, it provides the same estimation performance as that shown in Fig. 4 . It can be observed that the PF-OMP method can provide an acceptable performance in the slow fading channel. For the conventional LS-based method, the MSE of the channel estimation is too high to support a reliable transmission.
V. CONCLUSION
In this work, a CS-based channel estimation method for a double selective channel is proposed for OFDM systems that use multiple transmission antennas. Using the fitting polynomial assumption and a full-band training symbol, the proposed PF-OMP algorithm is accomplished based on the iterative OMP process. After exploring the advantages of the structured measurement matrix, the number of iterations is reduced and the computation complexity is consequently simplified. The proposed PF-OMP algorithm can provide more accurate channel estimation results compared to the conventional LS-based method, and the improvement is more significant when the number of transmission antennas is increased.
